Laboratory-based speech tests are routinely conducted to assess speech understanding in noise. However it is often noted that the performance of an individual in the laboratory does not necessarily correspond to their real-world listening ability. For example, several studies have noted a mismatch between the benefi t of hearing aids or processing schemes as measured in the laboratory and how benefi cial users report them to be in their everyday listening situations (e.g. Bentler et al, 1993; Walden et al, 2000; Cord et al, 2004; Wu, 2010) .
Laboratory-based speech tests are routinely conducted to assess speech understanding in noise. However it is often noted that the performance of an individual in the laboratory does not necessarily correspond to their real-world listening ability. For example, several studies have noted a mismatch between the benefi t of hearing aids or processing schemes as measured in the laboratory and how benefi cial users report them to be in their everyday listening situations (e.g. Bentler et al, 1993; Walden et al, 2000; Cord et al, 2004; Wu, 2010) .
Although there is no single way of measuring speech intelligibility in the laboratory, most approaches involve a relatively simple acoustic environment (audiometric booth or anechoic chamber) and a steady-state noise or unintelligible speech babble background. This kind of set-up offers good control and repeatability, but misses a number of ecologically relevant variables that may prove to be important (Cord et al, 2007; Jerger, 2009) . Among these are dynamic variations in spatial and level characteristics of the acoustic environment, realistic levels of reverberation, and the presence of competing intelligible conversations that can be highly distracting. Many of these factors have been shown to affect speech perception, and in some cases more so for listeners with hearing loss, but their combined effect in the context of an ecological setting is not really known. Moreover, while some of these factors have been shown to infl uence hearing-aid processing, others have not been examined in detail. For example, we know very little about the impact of competing talkers on hearing-aid processing schemes, many of which are designed to emphasize speech sounds.
A few previous attempts have been made to conduct sentencebased speech testing under more realistic conditions. Killion and colleagues (1998) used a novel approach to test the real-world benefi t of directional hearing aids. They placed real talkers in real environments (parties, restaurants, etc.), and had them produce sentences from a standard test at different vocal efforts to vary the signalto-noise ratio (SNR). They recorded the signals arriving at the ears of a real listener in that same environment, and then used the recorded signals for speech testing over headphones. More recently, the multimicrophone/multi-speaker R-SPACE system was developed to achieve a similar goal with the HINT test but under controlled laboratory conditions (Revit et al, 2002; Compton-Conley et al, 2004; Gifford & Revit, 2010) . To our knowledge there has been no systematic comparison of data obtained under more realistic conditions to those obtained in simpler conditions. This is an important step in determining whether it is worth moving to these more complicated scenarios, and demonstrating where the benefi ts might lie.
Here we present a multi-loudspeaker approach for generating complex acoustic environments in the laboratory, and describe a preliminary attempt to conduct speech testing in one example environment based on a typical everyday listening situation. Our specifi c aim was to understand the effects of using a more complicated and realistic acoustic environment on the properties of speech reception thresholds (SRTs). The same sentence materials were used to measure SRTs in a ' standard ' anechoic environment containing a speech babble background, and in a ' complex ' simulation of a reverberant cafeteria containing multiple intelligible conversations. The same large group of listeners with a broad range of hearing losses completed testing in both environments so that correlations could be examined. Another advantage of using more complex environments that better resemble real-world listening situations is that they are more appropriate for evaluating hearing-aid processing strategies. Thus we also examined the ability of the two tests to capture changes in performance due to amplifi cation in hearing-impaired listeners.
Methods

Participants
Forty-six listeners participated. Eighteen of these had normal hearing ( ' normally hearing ' , NH). Their age ranged from 18 to 57 years (mean 41 years) and their four-frequency average hearing loss (4FAHL, mean of left and right ear pure-tone thresholds at 500, 1000, 2000, and 4000 Hz) ranged from 1 to 15 dB (mean 6 dB). The other 28 listeners had bilateral sensorineural hearing losses ( ' hearing-impaired ' , HI). Their age ranged from 29 to 80 years (mean 70 years) and their 4FAHL ranged from 26 to 78 dB (mean 45 dB). Hearing levels did not differ between the ears by more than 25 dB at any audiometric frequency. Audiograms for each listener are plotted in Figure 1 along with group averages. Note that 4FAHL was correlated with age in the total pool (r ϭ 0.71. p Ͻ 0.001) but not in the subgroup of HI listeners (r ϭ Ϫ 0.08, p ϭ 0.67) as a result of several young listeners with quite severe losses.
All listeners were asked to take home and complete a questionnaire addressing their hearing abilities 1 . The purpose was to determine how SRTs measured under standard and complex conditions relate to real-world experience as measured by self-report. Fifteen questions addressing disability under specifi c situations were taken from the Speech, Spatial and Qualities of Hearing questionnaire (Gatehouse & Noble, 2004) . These questions included the 14 questions in the ' speech ' subscale, as well as the question addressing listening effort from the ' qualities of hearing ' subscale (question 18). Hearing-aid wearers answered all questions twice, based on listening unaided and aided.
All participants were paid a small gratuity for their participation. The treatment of participants was approved by the Australian Hearing Ethics Committee and conformed in all respects to the Australian government ' s National Statement on Ethical Conduct in Human Research. Note that a subset of these listeners also participated in another study described in a companion paper (Best et al, 2015, unpublished) and some of the data presented here (for the standard environment) also appear in that paper.
Hearing aids
Twenty fi ve of the 28 HI listeners were regular hearing-aid wearers and participated in the experiment both with and without their own hearing aids. All hearing aids were behind-the-ear styles, seven with the receiver in the canal. They represented a variety of entrylevel and high-end devices from Phonak, Resound, Siemens, Oticon, Bernafon, Unitron, and Rexton Day, and were set to the user ' s most common program for testing. We did not attempt to adjust the gain or compression settings to ensure uniformity across participants, but rather opted to use the settings each listener was accustomed to using in their daily lives.
The listening programs were most likely affected by different noise management technologies, of which directionality would have the most signifi cant infl uence on the relative performance of devices in this task. In addition, the amount of directivity experienced by a listener can depend on the positioning of devices on the head and ears. Thus, to get an estimate of the directivity provided by each listener ' s hearing aids, unaided and aided directivity indices were measured in situ 2 . Extensive details of this measurement procedure can be found elsewhere (Keidser et al, 2013a) . Briefl y, the threedimensional directivity index is calculated as the ratio of sensitivity to frontal sounds relative to sensitivity averaged across all directions. As the directivity index is frequency-dependent, a frequency weighting based on the articulation index can be used to derive a single directivity index in dB that is relevant for speech (the AIDI).
These measurements confi rmed that different participants experienced different levels of directionality using their most common program. For each individual, the amount of directivity gained from wearing hearing aids (relative to that provided naturally by the listener ' s own head and ears) was captured as the difference in AIDI between the unaided and aided conditions. This value varied from around Ϫ 1 dB to 4 dB across participants.
Environment and stimuli
Testing took place in a large anechoic chamber fi tted with a threedimensional loudspeaker array of radius 1.8 m. confi gured with 41 equalized loudspeakers (Tannoy V8); 16 loudspeakers were equally spaced at 0 ° elevation, eight at Ϯ 30 ° elevation, four at Ϯ 60 ° elevation, and one loudspeaker was positioned directly above the center of the array. Stimulus playback was via a PC with a soundcard (RME MADI) connected to two D/A converters (RME M-32) and 11 four-channel amplifi ers (Yamaha XM4180). The listener was seated such that the head was in the center of the loudspeaker array, facing the frontal loudspeaker, and wore a small lapel microphone in order to be heard clearly by the experimenter who was seated outside the chamber wearing headphones. The experimenter monitored participants via webcam to ensure they maintained a relatively fi xed head position, and could talk to them via an intercom as required.
Target sentences were Bamford-Kowal-Bench sentences spoken by an Australian male talker (Keidser et al, 2002) . In the standard environment, targets were presented from the frontal loudspeaker (0 ° /0 ° , azimuth/elevation), and the background was multi-talker babble generated by presenting four independent samples of eight-talker speech babble from the four loudspeakers positioned at Ϯ 45 ° /0 ° and Ϯ 135 ° /0 ° (Figure 2 , top). In the complex environment, a large reverberant room (dimensions: 15 ϫ 8.5 ϫ 2.8 m) with a reverberation time (T 30 ) of approximately 0.5 s was simulated using ODEON software (Rindel, 2000) . The room simulation incorporated a kitchen area, and 12 tables each surrounded by six chairs. The cupboards in the kitchen, all tables and one third of the chairs were simulated as wooden plates. The rest of the chairs were considered as " occupied with audience " and included the absorption characteristics of a person. The materials assigned to the walls, ceiling, and fl oor are indicated in Figure 2 . To make the talker/listener confi guration comparable to the standard environment, the listener was positioned amongst the tables and chairs, and the target talker was given a virtual position in the room in front of the listener at a distance of 2.0 m (Figure 2 , bottom). This resulted in a direct-to-reverberation ratio (DRR) of about 3 dB. The background consisted of seven conversations between pairs of talkers seated at the tables and facing each other. This resulted in 14 masker talkers distributed around the listener at different horizontal directions, distances, and facing angles. Since the directional characteristic of the talker-sources was included in the simulation, the facing angle had a strong, frequencydependent effect on the DRR, which varied between Ϫ 14 dB and Ϫ 1 dB. The dialogues spoken by the maskers were recorded in the anechoic chamber by a mix of Australian-accented talkers (six male, eight female), using transcripts taken from the listening comprehension component of the International English Language Testing System (Cambridge University Press).
Room impulse responses (RIRs) generated in ODEON were converted to loudspeaker signals using a loudspeaker-based auralization toolbox (LoRA; Favrot & Buchholz, 2010) . Briefl y, for each talkerlistener setup this toolbox derives a multi-channel RIR (one channel per loudspeaker) and convolves it with the corresponding anechoic talker signal, resulting in a multi-channel sound fi le. In this process, the direct sound and early refl ections (up to a refl ection order of four) are realized by image sources and assigned to the loudspeakers that best match their true source direction. The diffuse part of each impulse response is realized by multiplying directional energy envelopes for each loudspeaker with uncorrelated samples of noise. Since the direct sound (and all early refl ections) of the target and individual masking talkers were realized by individual loudspeakers, the accuracy of the reproduced sound fi eld is not limited in frequency bandwidth as would be the case for sound-fi eld reconstruction techniques such as higher-order Ambisonics or wave-fi eld synthesis (e.g. Daniel al, 2003) . The accuracy of the applied ODEON room simulation software has been verifi ed in different round robin studies (e.g. Bork, 2005) and the accuracy of the applied sound reproduction techniques by Favrot and Buchholz (2010) and Oreinos and Buchholz (2014) . Hence, even though the applied cafeteria environment was not verifi ed by direct comparison with a real room, it can be assumed that the cafeteria environment provides a realistic, or at least plausible, realization of an example reverberant environment.
In both environments, the background noise was presented continuously throughout a block by looping segments of about fi ve minutes at a fi xed level of 65 dB SPL (measured in the center of the array). This sound pressure level was estimated by the Odeon software and can be considered a realistic value. Although the overall sound pressure level of the background noise was matched, the properties of the two environments differed in many other ways. In order to highlight some relevant differences, a number of acoustic parameters are given in Table 1 , which include the DRR (e.g. Zahorik, 2002) , clarity (C50: ISO 3382) as a measure of the early-to-late refl ection energy ratio, speech transmission index (STI: IEC 60268-16) measured in quiet, and sound pressure levels (SPL) for all the individual speech sources measured in isolation. The acoustic parameters for the cafeteria environment were calculated from the simulated room impulse responses measured in the center of the 3D loudspeaker array with an omnidirectional microphone. The acoustic parameters for the standard environment are idealized and will have been modifi ed slightly by the non-ideal playback environment. Additionally, the different target and masker signals were recorded at the ears of a Bruel & Kjaer 4128C Head and Torso Simulator (HATS). The resulting long-term power spectra calculated in auditory critical bands (i.e. critical band levels) are shown in Figure 3 (top and middle panels) for an example broadband SNR of 0 dB. Due to the similarity of the spectra at the left and right ear here only spectra averaged across the two ears are shown. The corresponding SNR as a function of frequency is shown in the bottom panel of Figure 3 . Signifi cant frequency-dependent differences of up to 7 dB can be observed in the different target and masker spectra as well as in the SNR. In order to illustrate the potential effect of hearing loss on target and masker audibility, the critical band level of threshold simulating noise (TSN) at the listeners ' ears is shown in Figure 3 by the dotted lines. The TSN level was derived according to ANSI S3.5-1997 (Table 1) , for the average hearing loss shown in Figure 1 (solid line, circles) . Figure 4 illustrates the temporal behavior of the different maskers measured at the left ear of the HATS. The example envelopes (top and middle panels) were calculated at the output of an auditory bandpass fi lter with center frequency of 1000 Hz, normalized to its RMS value, and temporally smoothed with a 4th-order Butterworth lowpass fi lter with a cut-off frequency of 32 Hz. The cafeteria noise exhibits signifi cantly more low-frequency modulation ( Յ 32 Hz) than the standard noise (see modulation spectra in the bottom panel of Figure 4 ). This behavior is consistent across frequency. Although not shown here in detail, the squared interaural coherence c LR was also calculated (Westermann et al, 2013) , and revealed that both background noises are highly diffuse (i.e. exhibiting values c 12 Ͻ 0.2 above about 200 Hz).
Procedures
SRT testing was conducted using automated software for the presentation and scoring of sentences (see Keidser et al, 2013b for details). On each trial, a sentence was presented and listeners spoke aloud their responses. The experimenter entered the number of correct morphemes (out of a possible 3 -8) into the software program, which triggered the next sentence. For each environment (and hearing-aid condition, in the HI group) four blocks of trials were completed. In the fi rst block, an adaptive procedure was used to estimate the 50% SRT within a standard error of 0.8 dB (see Keidser et al, 2013b for details). Three blocks were then completed using fi xed target levels corresponding to fi xed SNRs at the estimated SRT as well as at 2 dB above and below the estimated SRT. Each of these blocks consisted of 32 sentences. Sentences were paired with different SNRs for different subjects, and the order of presentation was randomized. No sentence was presented more than once to any listener. Each block took approximately fi ve minutes to complete, for a total testing time of around 40 minutes. The order of testing of the two environments (and hearing-aid conditions, in the HI group) was counterbalanced across participants.
It is worth noting that the use of a fi xed masker level means that different listeners were tested at different overall sensation levels depending on their hearing thresholds and the presence/absence of hearing aids. In addition, because the SNRs were chosen separately for each listener in each environment and hearing aid condition, the test SNRs also varied.
Percent correct scores at the three fi xed SNRs were used to generate psychometric functions. Logistic functions were fi t to the raw scores using the psignifi t toolbox version 2.5.6 for MATLAB (see http://bootstrap-software.org/psignifi t/) which implements the maximum-likelihood method described by Wichmann and Hill (2001) .
Finally, SRTs (the SNR at 50% correct) were extracted. Note that the adaptively measured SRTs were only used to estimate the best SNRs for the psychometric function measurements and were not considered in the fi nal data analysis.
Results
SRTs in standard and complex environments
As shown in Figure 5 , unaided SRTs in the standard and complex environments were strongly correlated (r ϭ 0.93, p Ͻ 0.001). However, SRTs were consistently higher in the complex environment (all points lie above the diagonal) especially for the poorer listeners (gradient of the least-squares fi t is 1.5 dB/dB). Averaged across listeners within a group, the mean increase in SRT in the complex environment was 1.48 dB (NH) and 4.17 dB (HI).
Multiple regression analyses were conducted to determine whether age and/or hearing loss were reliable predictors of unaided SRTs in the two environments. In the standard environment, 4FAHL was a signifi cant predictor but age was not (4FAHL: β ϭ 0.86, p Ͻ 0.001; age: β ϭ Ϫ 0.29, p ϭ 0.77; overall model fi t: R 2 adj ϭ 0.67, p Ͻ 0.001). In other words, a better SNR was required by those with more severe hearing loss. The same was true in the complex environment (4FAHL: β ϭ 0.88, p Ͻ 0.001; age: β ϭ Ϫ 0.01, p ϭ 0.91; overall model fi t: R 2 adj ϭ 0.75, p Ͻ 0.001).
When only the HI group was considered, 4FAHL (but not age) was again a signifi cant predictor of unaided performance in the standard environment (4FAHL: β ϭ 0.72, p Ͻ 0.001; age: β ϭ 0.00, p ϭ 0.98; overall model fi t: R 2 adj ϭ 0.47, p Ͻ 0.001) as well as the complex environment (4FAHL: β ϭ 0.74, p Ͻ 0.001; age: β ϭ 0.04, p ϭ 0.79; overall model fi t: R 2 adj ϭ 0.50, p Ͻ 0.001). For aided performance in this group, 4FAHL was a much weaker predictor, in both the standard environment (4FAHL: β ϭ 0.42, p ϭ 0.05; age: β ϭ 0.23, p ϭ 0.27; overall model fi t: R 2 adj ϭ 0.10, p ϭ 0.12) and the complex environment (4FAHL: β ϭ 0.50, p ϭ 0.02; age: β ϭ 0.31, p ϭ 0.12; overall model fi t: R 2 adj ϭ 0.20, p ϭ 0.04), suggesting that amplifi cation did not have the same effect across degree of hearing loss.
Hearing-aid benefi ts
To examine the effects of amplifi cation in the two environments, a repeated-measures ANOVA was conducted on the SRTs for the 25 hearing-aid wearers. This analysis revealed signifi cant main effects of hearing aid condition (unaided/aided; F(1,24) ϭ 10.53, p ϭ 0.003), and environment (standard/complex; F(1,24) ϭ 324.24, p Ͻ 0.001), as well as a signifi cant interaction (F(1,24) ϭ 6.73, p ϭ 0.016). The interaction refl ects the fact that benefi ts were larger in the complex environment (mean 1.8 dB vs. 0.8 dB in the standard environment). As shown in Figure 6 , benefi ts were correlated across the two environments (r ϭ 0.68, p Ͻ 0.001). Quite strikingly, however, there was a large range of benefi ts across listeners on both environments (from Ϫ 2.6 to 5.6 dB in the standard environment, and from Ϫ 1.2 to 8.2 dB in the complex environment).
There are several factors that may contribute to the large individual differences in hearing-aid benefi t we observed. First, listeners wore their own devices and thus prescriptions were not uniform. Secondly, our directivity index measurements indicated that different listeners experienced different levels of directionality (see sub-section " Hearing aids " , in the Methods section). A third factor that may infl uence benefi t is a listener ' s hearing loss; listeners with more severe losses received stimuli at lower sensation levels where amplifi cation is most effective. Finally, the benefi t of hearing aids was measured at different SNRs for different listeners (dictated by their unaided SRT). Given that amplifi cation cannot improve the audibility of speech when noise is the limiting factor, the baseline SNR may be critically important in determining benefi t.
To understand which of these relevant variables contributed most to the hearing-aid benefi ts observed in our two environments, multiple regression analyses were conducted. Given the wide variety of gain and compression settings across the hearing aids it was not possible to capture that variable in a single meaningful number. Thus the predictors included in the regression were AIDI difference, hearing loss (4FAHL), and SNR. In the standard environment, both AIDI difference and SNR were signifi cant predictors (AIDI: β ϭ 0.37, p ϭ 0.01; SNR: β ϭ 0.60, p ϭ 0.005; overall model fi t: R 2 adj ϭ 0.64, p Ͻ 0.001), suggesting that those fi tted with stronger directionality and tested at higher SNRs showed larger benefi ts. In the complex environment, only the SNR was a signifi cant predictor ( β ϭ 0.68, p ϭ 0.001; overall model fi t: R 2 adj ϭ 0.69, p Ͻ 0.001).
Relationship between objective and subjective measures
As one of the broad motivations of this work is to provide more accurate predictions of real-world performance, it was of interest to examine how the SRTs measured in our two environments relate to the self-reported ratings of hearing ability collected in the questionnaire. A single score was calculated for each subject (separately for unaided and aided listening, where appropriate) by averaging over a subset of the SSQ scores. Specifi cally, eight questions were chosen that referred to situations involving selective attention to speech in the presence of noise, reverberation, or other talkers (speech items 1, 4, 5, 6, 7, 8, 9, 11) .
Correlations between unaided self-report scores and unaided SRTs (including both NH and HI listeners) were highly signifi cant in both environments (standard: r ϭ Ϫ 0.78, p Ͻ 0.001; complex: r ϭ Ϫ 0.81, p Ͻ 0.001). When only the HI group were considered, correlations were lower but still signifi cant (standard: r ϭ Ϫ 0.59, p ϭ 0.001; complex: r ϭ Ϫ 0.63, p Ͻ 0.001). Correlations for aided scores in this group were lower again (standard: r ϭ Ϫ 0.49, p ϭ 0.01; complex: r ϭ Ϫ 0.39, p Ͻ 0.05). These correlations are comparable to those reported by Mendel et al (2007) , who compared scores on various clinical speech in noise tests to ratings on the Hearing Aid Performance Inventory (their correlations ranged from 0.45 -0.80).
Discussion
Results from this experiment indicate that the use of a more complex and realistic acoustic environment can change the psychometric properties of a simple sentence test. Using the same large group of listeners, we found that thresholds were higher on average in the complex environment. This increase was despite the fact that the cafeteria noise was more modulated (Figure 4 ) and thus provided more opportunity for clean glimpses of the target to be obtained ( " listening in the dips " ). The increase in threshold has several possible causes. Previous studies have demonstrated that complex maskers, especially those comprised of intelligible speech, can lead to increased thresholds by causing " central " or " informational " masking (e.g. Carhart et al, 1969; Brungart, 2001; Brungart et al, 2001; Best et al, 2012) . Reverberation also tends to increase thresholds by degrading target speech information, temporally smearing targets and maskers, and reducing the ability to suppress spatially separated maskers (e.g. Culling et al, 2003; Lavandier & Culling, 2007 George et al, 2008) . No doubt some combination of these factors (and possibly others) led to the increased SRTs we observed in the cafeteria environment. In general, modifi cations to speech tests that shift SRTs towards positive SNRs are useful for the goal of increasing realworld relevance, as environmental SNRs are generally above 0 dB (e.g. Pearsons et al, 1976; Smeds et al, 2012 ).
An interesting observation in this study was the interaction between hearing loss and environment, i.e. that the increase in unaided SRTs in the complex environment was particularly strong for the listeners with the poorest hearing. There are several reasons why this might be the case.
First, it may be that NH listeners were better able to listen in the dips of the complex masker to offset the overall increase in diffi culty discussed above. Previous studies have shown that HI listeners receive less benefi t from listening in the dips largely because of reductions in audibility of the target and masker signals (e.g. Festen & Plomp, 1990; George et al, 2006; Bernstein & Grant, 2009; Christiansen & Dau, 2012; Rhebergen et al, 2014) . To illustrate the potential effect of audibility on SRTs in the current study, unaided critical band levels are shown in Figure 3 (middle panel) for the complex and standard masker as well as for threshold simulating noise calculated for the average hearing loss shown in Figure 1 . The " external " maskers are dominant only below about 1500 Hz, and above 1500 Hz the auditory internal, threshold simulating noise is dominant. Hence, the effect of the " external " maskers on the SRT is limited to rather low frequencies, and would be even further limited by a more severe hearing loss. Moreover, in modulated maskers such as the cafeteria noise, short-term levels in spectrotemporal dips can be more than 15 dB below the shown long-term levels. Similarly it can be deduced from Figure 3 (top panel) for the target signal that not only absolute target audibility but also the " audible bandwidth " is limited by the target level (or SNR) as well as hearing loss. Hence, the benefi t received from listening in the dips is heavily affected by target and masker sensation level, SNR, and masker modulation spectrum (or type of masker) and is expected to decrease with increasing hearing loss.
Second, differences in the spectra of the target and masker signals at the listener ' s ears affect the frequency dependency of the SNR. According to Figure 3 (bottom panel) the SNR in the complex environment is reduced by about 4 dB at frequencies around 500 -2000 Hz and increased by up to 6 dB at frequencies above about 3000 Hz. Hence, listeners with a more severe high-frequency hearing loss will not benefi t from the improved SNR at high frequencies and will be penalized by the reduced SNR at mid frequencies.
Third, it is possible that HI listeners experience more informational masking in the presence of distracting maskers, although the literature on this issue is mixed (e.g. Helfer & Freyman, 2008; Agus et al, 2009; Woods et al, 2013) .
Fourth, the presence of reverberation may exacerbate the effect of hearing loss on speech perception in noise, as has been reported previously (e.g. Harris & Reitz, 1985; Nabelek, 1988; Harris & Swenson, 1990) .
Whatever the precise combination of factors at play, the important observation here is that testing in a more complex environment magnifi ed the differences between SRTs, and thus may offer the practical advantage of better discriminating between individuals. For example, if two listeners differ by 1 dB in the standard environment, they would be expected to differ by 1.5 dB in the complex environment. However, this larger separation is useful only if the reliability of SRT measurements does not decrease by a similar or greater amount in the complex environment. If we assume that the threshold and slope of the fi tted logistic functions are related to the mean and standard deviation of the underlying response distribution, then the inverse of the slope can be used as a surrogate measure of threshold reliability (e.g. see Strasburger, 2001) . Slope values tended to be lower in the complex than in the standard environment (mean of 11 %/dB vs. 13 %/dB) and taking the rms average across listeners of slope values in each environment, we fi nd that the reliability is 1.3 times lower in the complex environment. Thus there may be a small gain in sensitivity to individual differences in the complex environment, although a more detailed investigation would be needed for a defi nitive answer.
Despite the observed changes when moving from the standard to the complex environment, the strong correlation between the two environments suggests that the complex environment did not substantially change the overall ranking of listeners; the " good listeners " in one environment were the " good listeners " in the other, etc. Thus we did not expect large improvements in our ability to predict the real-world performance of individual participants. Indeed self-reported abilities in speech-in-noise situations were only marginally better predicted by SRTs in the complex environment. It is worth noting also that self-report data are known to be variable and prone to individual biases, and thus it may be diffi cult to observe subtle improvements in predictions. Moreover, in this case participants answered the questionnaires rather broadly with reference to their general listening experiences. Improvements may be gained by obtaining self-report estimates in the specifi c environments being tested in the laboratory, and future work will explore this option.
Another question we asked was whether the use of a more complex environment would affect the estimated benefi t of hearing aids when listening to speech in noise. Hearing-aid benefi ts tended to be larger in the complex environment, but for both environments we measured a wide range of hearing-aid benefi ts that included negative benefi ts. Analysis showed that larger hearing-aid benefi ts were strongly associated with higher test SNRs, with an additional contribution of directionality in the standard environment. The effect of SNR is illustrated further in Figure 7 . Here, aided SRTs are plotted as a function of unaided SRTs for all HI listeners in both environments. It can be seen that the SRTs tended to diverge (i.e. hearing-aid benefi ts increased) as the unaided SRTs increased. Indeed it appears that large hearing-aid benefi ts only occurred when testing was in the positive SNR region, which mostly occurred for the more challenging complex environment (for the reasons discussed above). Our observation that baseline SNR affects hearing-aid benefi ts is consistent with the arguments of Plomp (1986) , who has shown that amplifi cation mainly provides a benefi t when audibility (and not external noise) is the limiting factor. Furthermore, the increased benefi t measured for the more hearing-impaired listeners in the complex environment is in line with Rherbergen et al (2014) , who have shown a nonlinear growth of masking for fl uctuating noise maskers that is more pronounced for HI than NH listeners. It might be informative in future work to compare different environments at a fi xed SNR, to remove such variables. It would also be of great interest to extend this work to more systematically examine the benefi ts provided by directional microphones, particularly given that the AIDI did not predict benefi t in the complex environment, and the mounting evidence that current laboratory measures are poor predictors of selfreported real-world directional benefi t (e.g. Cord et al, 2004 Cord et al, , 2007 Wu, 2010) .
In this study we examined the effects of just one manipulation designed to increase the realism of a speech in noise test. We observed modest changes in the psychometric properties of the test when conducted in a more complex acoustic environment, which translated into higher SRTs, larger difference between listeners, and larger estimated hearing-aid benefi ts. Even though these changes may be largely explained by the acoustic properties of the target and masker signals as well as the hearing losses of our listeners, it is important to note that by adding realism to the acoustic signals outcome measures can change signifi cantly and may also provide improved ecological validity. Of course a range of other kinds of environments will need to be examined to determine how generalizable these results are. Moreover, manipulations of the target speech materials, e.g. by introducing talker-variability (Gilbert et al, 2013) , varying syntactic complexity (Wingfi eld et al, 2006) , varying sentence predictability (Wilson et al, 2007) , or requiring comprehension of information (Tye-Murray et al, 2008) can also infl uence the characteristics of speech tests and may well interact with the environment. Ultimately a combination of ecologically motivated modifi cations might be the way to achieve more relevant outcome measures.
Conclusion
This study investigated the effects of measuring speech reception thresholds in a simulated reverberant cafeteria environment. The fi ndings provide a starting point for future efforts to increase the real-world relevance of laboratory-based speech tests.
Notes
One NH listener was unable to complete the questionnaire and 1.
thus results from only 17 listeners are presented. One listener did not have time to complete the directivity index 2. measurement and thus only 24 measurements are analysed.
